Nearly 100,000 deaf patients worldwide have had their hearing restored by a cochlear implant (CI) fitted to one ear. However, although many patients understand speech well in quiet, even the most successful experience difficulty in noisy situations. In contrast, normalhearing (NH) listeners achieve improved speech understanding in noise by processing the differences between the waveforms reaching the two ears. Here we show that a form of binaural processing can be achieved by patients fitted with an implant in each ear, leading to substantial improvements in signal detection in the presence of competing sounds. The stimulus in each ear consisted of a narrowband noise masker, to which a tonal signal was sometimes added; this mixture was half-wave rectified, lowpass-filtered, and then used to modulate a 1000-pps biphasic pulse train. All four CI users tested showed significantly better signal detection when the signal was presented out of phase at the two ears than when it was in phase. This advantage occurred even though subjects only received information about the slowly varying sound envelope to be presented, contrary to previous reports that waveform fine structure dominates binaural processing. If this advantage generalizes to multichannel situations, it would demonstrate that envelope-based CI speech-processing strategies may allow patients to exploit binaural unmasking in order to improve speech understanding in noise. Furthermore, because the tested patients had been deprived of binaural hearing for eight or more years, our results show that some sensitivity to time-varying interaural cues can persist over extended periods of binaural deprivation.
INTRODUCTION
Since the introduction of the single-channel cochlear implant (CI) in the 1970s, implant users' speech perception in quiet has improved to the stage where many previously deaf patients can converse confidently over the telephone. These improvements have been largely produced by two major developments: the introduction of multichannel implants, and improvements in speech-processing strategies (McDermott et al. 1992; Wilson et al. 1991) . One major remaining challenge is to improve speech perception in noisy situations, where even the most successful CI users experience great difficulty. Because most CI users have only one implant, and because normal-hearing (NH) listeners use binaural hearing to improve speech perception in noise (Akeroyd and Summerfield 2000; Bronkhorst and Plomp 1988) , the introduction of bilateral CIs seems a strong candidate for improving the performance of CI users. However, to date it appears that bilateral CI users exploit only one of the two major cues available to two-eared NH listeners. The Bbetter ear effectr efers to the fact that, when two talkers occupy different locations, attenuation by the listener's head will improve the signal-to-noise ratio (SNR) at one or the other ear. This cue is available to both NH and CI listeners (Litovsky et al. 2004; Schleich et al. 2004; van Hoesel and Tyler 2003) . In addition, the presence of a signal from a different location than a masker can reduce the correlation between the rightear and left-ear acoustic signals. This Bdecorrelationĉ an allow a substantial threshold (THR) reduction when an NH listener detects a signal against a masker . It can also provide a basis for speech identification (Akeroyd and Summerfield 2000; Culling and Colburn 2000) and provides about half the benefit NH users obtain from listening through two ears (Zurek 1993) . The standard measure of this [binaural masking level difference (BMLD)] is the threshold difference between the case where both the masker and signal are identical at the two ears and the one where the signal is inverted at one ear (Hirsh 1948) .
In contrast to NH listeners, there has been limited evidence that bilateral CI users are sensitive to cues beyond better ear effects (van Hoesel 2004) . We can think of three reasons for this. First, CI users often have extensive periods without bilateral hearing, and this could lead to degeneration of the brainstem structures known to process decorrelation (Vollmer et al. 2005) . Second, NH studies have usually demonstrated sensitivity to binaural cues in the waveform fine structure (Smith et al. 2002) , whereas present CI processors only extract the envelope in each channel. Third, bilateral implants are usually fitted without care being taken to ensure that a given frequency region of the audio input is mapped on to electrodes innervating Bmatched^electrodes in the two cochleas. This matching has been shown to be crucial for binaural processing in the NH system and CIs (Long et al. 2003; Nuetzel and Hafter 1981) .
Our experiments were motivated by recent psychoacoustical evidence (van der Par and Kohlrausch 1997) that NH subjects are sensitive to decorrelation solely in the envelope, at least for some stimuli. We reasoned that, if analogous processing could be demonstrated in CI users, this would show that the absence of interaural fine-structure information does not preclude sensitivity to interaural decorrelation. Furthermore, by testing patients who had been deprived of binaural hearing for several years, we could determine whether binaural sensitivity can survive prolonged periods without binaural input. Our results show that CI users are indeed sensitive to envelope-based interaural differences, and potentially have important implications for the fitting and future design of bilateral CIs.
METHODS
We measured the BMLD for a 125-Hz pure tone masked by a 50-Hz-wide band of noise (centered on the tone), processed in a way similar to that of the continuous interleaved sampling (CIS) strategy implemented by the speech processors of the majority of CIs worldwide (Wilson et al. 1991) . The processing scheme is illustrated in Figure 1 , which also shows example waveforms for the condition where the signal was out of phase at the two ears. The input noise was generated by randomly selecting a 400-ms interval from a 2000-ms noise whose frequency components outside the passband had been zeroed after generation in the time domain. The noise was identical on the left and right sides, whereas the signal was either identical across sides, or phase-shifted by p radians or time-delayed by 600 ms on one side. Signal-to-noise ratios from _ 25 to 20 dB were used. Stimuli were half-wave rectified, low-pass filtered (at 500 Hz by a second-order Butterworth filter), and used to modulate a 1000-pps electric pulse train. Each pulse was biphasic, had a duration of 25 ms per phase with an interphase gap of 7.4 ms (listener CI2) or 45 ms (listeners CI1, CI3, CI4), and was presented to an electrode near the apex (CI4), middle (CI1 and CI2), or basal end (CI3) of the array in monopolar (MP1+2) mode. The total stimulus duration was 400 ms (with the signal duration equal to 300 ms in the middle of the stimulus).
In experiment 1, current levels were set as a fraction of the most comfortable level linearly derived from the input signal. In experiment 2, the top 30 dB of the acoustic input dynamic range was compressed into the subject's electric dynamic range in a method based on the standard mapping of a CI24M device (Cochlear Limited 1999) . Our fit to the standard loudness growth map used the following equation:
x = input levels normalized to 1 y = output expressed in clinical units from 0 to 255. Levels 30 dB down from the top of the input dynamic range are dropped as is done in the clinical mapping (Seligman, personal communication) . This equation provides a good fit to the clinical map. Over the average dynamic range of 77 CUs, our map deviates from the standard clinical map by a root mean square (RMS) difference of 5 CUs. In the top 10 dB of the acoustic dynamic range, our mapping elevates the levels slightly compared to the standard clinical map and below that point our levels are reduced. Given that different devices have used different compression schemes (e.g., logarithmic and power function), and that measures of THR and most comfortable loudness (MCL) can differ with repeated testing of the same patients, we consider these differences to be negligible.
Four bilateral CI users with the CI24M device were tested. The subjects had been without binaural hearing before their second CI for between 8 and 13 years (Table 1) . Approval from the local research ethics committee had been previously obtained. Synchronized stimuli (G1 ms resolution) were presented to the two devices using custom software driving the SPEAR3 experimental processor (HearWorks Pty Ltd). All subjects showed thresholds for detecting interaural time differences (ITDs) of less than 500 ms on the electrode pair used for all testing. A three-alternative forced-choice task, with a fixed SNR per block of 72 trials, was used. Feedback was provided.
Experiments 2b reveals that these cues operate on two broad time scales. One of these, which we have already referred to, is indicated by the solid vertical line; the Sp signal introduces a timing difference between the individual pulses in the two ears. These differences are produced by the changes in the fine structure of the narrowband noise modulator. In addition, changes in the modulator envelope produce time differences over a longer time scale; this is most easily seen in Figure 2a , which shows the NoSp condition over a 200-ms period. Experiments 2b and 2c examined the contribution of these slowly varying cues, by introducing additional processing (Fig. 3) . In experiment 2b, the additional stages involve (1) extracting the low-frequency (below 50 Hz) envelope of the left and right ear signals; (2) multiplying the right ear signal by the left ear envelope divided by the right ear envelope. As shown in Figure 2b , this caused the slowly fluctuating aspects of the stimulus to become more similar in the two ears (comparing to Fig. 2a ). This is not surprising because the bandwidth of the noise modulator was only 50 Hz, and so the fluctuations in the modulator envelope would have been greatest for rates below 25 Hz. Experiment 2c was similar, except that the filter cutoff set to 10 Hz rather than 50 Hz (Fig. 2c) . Only the NoSpi condition was tested in experiments 2b and 2c, because the NoSo condition is not altered by the above processing.
RESULTS
For all results presented in this article, decibels are defined in terms of the stimulus level prior to any compression. Figure 4a shows subject CI2's psychometric functions for the detection of an in-phase and an out-of-phase signal in experiment 1, in which the stimuli were not compressed. We defined the BMLD as the dB difference in the intercept between the best-fitting probit function describing each psychometric function, at the point where they intercepted the 70% correct point. A comparison of the open and gray boxes in Figure 4b shows that this BMLD was very large and highly significant (p ¡ 0.01) for all four subjects. The average value was 29 dB. We have also, instead of inverting the signal to one ear, delayed it by 600 ms-an interaural time delay which occurs in a real life-and obtained a BMLD of 15 dB for the three subjects (CI2, CI3, CI4) tested.
However, the stimuli used in experiment 1 lack the compression normally used in CIs, and which is required by the differences in acoustic dynamic range (120 dB) and the dynamic range in electric hearing (14 dB for these subjects on average, cf. Table 1 ). When we modified the processing to be more like that used in a CIS strategy, by compressing the top 30 dB of the input waveform into each subject's dynamic range, the BMLD was reduced (Fig. 4c) , but remained substantial (mean 9 dB) and significant (p G 0.01). This value of 9 dB corresponds to the binaural advantage that subjects would obtain for an acoustic signal in the real world presented to the inputs of CI speech processors.
The results of experiments 2a and 2b, removing the more slowly varying interaural cues, are shown in Figure 5 . When fluctuations slower than 50 Hz were equated between the two ears (Fig. 2b) , the BMLD was reduced to an average of 1.3 dB, which was not significantly different from zero. However, when only those fluctuations slower than 10 Hz were removed, a substantial BMLD of 7.4 dB remained. This value was not significantly different from that obtained with no additional envelope processing.
DISCUSSION

High-rate limitations on binaural processing
It is important to consider what interaural cues the subjects were using to detect the signal. One possibility that can be easily ruled out is the fact that on any given trial, the addition of the signal could introduce an average ILD that differed from zero, and which, because of the odd-man-out procedure, could be extracted by subjects even though its sign varied from trial to trial. One reason for rejecting this explanation comes from some additional analyses (not shown), which revealed that the absolute size of the ILD was not a function of SNR. A more direct test comes from our finding that the BMLD remained when fluctuations slower than 10 Hz were equated across the two ears. Furthermore, the fact that the BMLD obtained with this processing (experiment 2c) did not differ from that obtained with no such processing is evidence that fluctuations faster than 10 Hz were more important for the effect than were interaural fluctuations slower than that value. A consideration of the highest envelope rates that subjects could exploit is hampered by the fact that the modulator bandwidth of 50 Hz meant that, when fluctuations slower than 50 Hz were equated across the two ears, nearly all envelope differences were eliminated. So, for example, we do not know whether, if we had used a modulator bandwidth of say 200 Hz, some BMLD would have remained in experiment 2b. Some hint of the upper limit comes from the fact that, even when the modulator envelope was equated between the two ears, fluctuations due to the noise band fine structure, centered on 125 Hz, remained. Because the BMLD was abolished under this condition, it is tempting to conclude that the interaural differences that vary at a rate of 125 Hz are too fast for the listener to exploit. However, it is worth noting that, in experiment 2b, these Bfastd ifferences were always accompanied by slower fluctuations that had been equated in the two ears. Hence our conclusions should be restricted to the observation that a rate of 125 Hz is too fast for CI listeners to use in the presence of slower, diotic, contradicting fluctuations. It is possible that setting the time-varying ILD to zero dominated the percept such that the residual ITD information was not usable. Finally, it should be noted that the dominance of relatively slow fluctuations may be responsible for van Hoesel's (2004) finding of only a small (1.8 dB) BMLD for two listeners detecting a 500-Hz signal in a narrowband noise, processed by the Pulse Derived Timing (PDT) strategy (van Hoesel and Tyler 2003) . Unfortunately, the noise bandwidth was not specified in his study, and so we do not know what envelope fluctuations would have been preserved in his stimuli.
Existing evidence for an upper limit on binaural processing comes both from research with CI listeners, and from experiments in which NH listeners are presented with transposed stimuli (Bernstein and Trahiotis 2002; van der Par and Kohlrausch 1997) . Although ITD sensitivity with low-frequency pure tones in NH improves as frequency is increased from 200 to 500 Hz (Durlach and Colburn 1978) , the opposite trend is observed with transposed stimuli-a finding that has also been observed in the responses of neurons in the inferior colliculus of the guinea pig (Griffin et al. 2005; Shackleton et al., 2005) . In tests of ITD sensitivity to electric pulse trains presented to bilateral CIs, van Hoesel and Tyler (2003) found that performance was worse with pulse rates higher than 200 pps, compared to a rate of 50 pps. What these results point to is that there appears to be an Bupper rate^limitation for binaural processing that is somehow bypassed when NH listeners are presented with low-frequency pure tones. This limitation has been successfully modeled by Bernstein and Trahiotis (2002) by using a 135-Hz lowpass filter. Although its physiological basis remains to be determined, it is worth noting that it may share a basis with a finding FIG. 5 . With the inputs compressed, each subject's NoSo threshold (NoSoCompress) is similar to NoSp with ILD cues below 50 Hz removed (NoSpCompressEnvF50Hz), but significantly higher than his NoSp threshold (NoSpCompress) and NoSp with ILD cues below 10 Hz removed (NoSpCompressEnvF10Hz). The vertical axis shows the 70% correct threshold as derived from the probit fit (with 95% confidence intervals).
in pitch perception: rate discrimination of pulse trains by CI listeners is usually limited to rates below about 300 Hz, and a slightly higher limit of about 600 Hz applies to NH listeners presented with acoustic pulse trains that have been filtered so as to remove resolved harmonics (Carlyon and Deeks 2002) .
Implications for binaural hearing in real life. Current clinical practice usually involves fitting the two CIs independently to the two ears. This independence means that corresponding frequency regions of the sound reaching the two ears may not drive electrodes that innervate matching regions of the two cochleae. Because the binaural system is tonotopically organized, this mismatch is disastrous for the processing of interaural timing information (Long et al. 2003; Nuetzel and Hafter 1981) . It is therefore perhaps not surprising that, when wearing their speech processors, bilateral CI users do not reliably benefit from the interaural decorrelation processing that is so useful for NH listeners. The main scientific reason for the continued use of this Bindependent fitting^strategy has been the lack of evidence that CI users can exploit time-varying interaural differences. Our results provide a crucial Bproof of concept^that such an advantage is possible. Although the binaural advantage observed here appears to be driven by relatively slow fluctuations, envelope rates in the 2-50 Hz range provide segmental cues to the manner of articulation, to voicing, and to prosody (Rosen 1992). Speech arising from different spatial locations and differing in these features will produce interaural differences that fluctuate in this range of rates, and which, according to our results, could potentially be exploited by CI users. Certainly, the size of the detection advantage observed here is comparable to the BMLDs typically obtained with NH listeners. Our results suggest the possibility that, if clinical practice were modified so that the same frequency range excited Bmatched^electrodes in the two ears, then the binaural advantage observed here could generalize to a multichannel, suprathreshold task such as speech understanding in noise. A major caveat is that such a generalization has yet to be clearly demonstrated. Additional requirements may be to ensure that no misleading level differences are introduced by the automatic gain controls in each device; the use of use carrier pulse rates at least of 1000 pps, so as to reduce sensitivity to the fine-structure cues of the carrier; and the use of relatively low modulation filter cutoffs.
Plasticity and deprivation in binaural auditory processing.
As with many other forms of sensory processing, the binaural auditory system has been shown to adapt to changes in the input it receives. Hofman et al. (1998) required NH listeners to listen through modified pinnae, which altered the mapping between the filtered waveform reaching the inner ear and source location, for a period of up to six weeks. Subsequently, subjects were sensitive to location cues based on both the new and the old maps. Florentine (1976) showed that an earplug in one ear produced shifts in azimuthal localization after the plug had been removed. Robinson and Gatehouse (1995) reported that patients with symmetrical bilateral hearing loss, who wore an aid in one ear only, were subsequently better at intensity discrimination at low levels in their unaided ear, and at high levels in their aided ear. Perhaps of most relevance to the present results, Hogan et al. (1996) reported that children who had experienced extended periods of unilateral otitis media showed reduced BMLDs initially, but not when tested 6 years later. What our results show is that adult patients can either maintain some sensitivity to time-varying interaural cues over long periods of binaural deprivation (between 8 and 13 years for the subjects tested) or recover this ability after binaural hearing has been restored. As noted above, this sensitivity is either restricted to fluctuations slower than about 50 Hz, or is at least dominated by these slower fluctuations when they exist. Whether subjects retain or regain binaural sensitivity could be explored in future studies, by testing patients at different times after their second implant. In this regard, it is worthwhile to take note of Eddington's (2005) work, which indicated that the subset of electrode pairs that produce a fused image can change over the months after activation of a second implant.
